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ABSTRACT 

A digitally-implemented demodulator. A frequency-modulated signal is applied to 
a limiting amplifier such that the signal amplitude is fixed at a constant level. The signal 
if undersampled and quadrature demodulated. The demodulator generates the cross- 
product of the baseband complex envelope to recover the original modulating signal. A 
digital Frequency Shift Keyed signal can be further recovered by applying the recovered 
signal to a data slicer to square-up the signal, and a matched filter for improved error 
resistance. 
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TITLE OF THE INVENTION 
Digitally-Implemented Demodulator 

BACKGROUND OF THE INVENTION 

1. Field of Invention 

The present invention relates generally to a receiver for receiving a modulated 
signal. In particular, the present invention relates to a digitally-implemented 
demodulator for demodulating amplitude-independent modulated signals. While the 
present invention has utility in any system involving the transmission and reception of 
signals characterized by amplitude-independent coding/modulation, the invention has 
been disclosed in both analog FM and digital FSK wireless receiver embodiments. 

2. Background Art 

Frequency and phase modulated signals have long been popular for use in 
communications systems due to their superior noise resistance and tolerance to varying 
and unpredictable channel propagation characteristics, as compared with amplitude- 
modulated signals. Frequency modulation continues to be a very popular modulation 
scheme for the transmission of voice and music is systems employed by commercial 
radio stations, cellular telephones, and cordless telephones. Similarly, the easily- 
implemented Frequency Shift Key ("FSK") modulation schemes have become popular 
for the transmission of digital data in numerous contexts, such as telephone line 
modems, cellular telephones, and cordless telephones. Finally, phase modulation 
schemes such as BPSK and QPSK are integral to many very sophisticated modern 
communications systems, such as the CDMA digital cellular telephone standard. 
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While such modulation techniques have desirable characteristics, many 
conventional receiver and demodulator circuits have relied in large part on analog circuit 
components. While consumers demand wireless products having increasingly compact 
form factors, analog circuits incorporated in such products typically are often large, with 
5 high numbers of discrete parts. Furthermore, analog components tend to be subject to 
significant variations in manufacturing tolerances and are sensitive to environmental 
conditions and aging, which may degrade performance. A digitally-implemented 
receiver, however, would not be subject to such variability. Furthermore, a digital 
receiver could be integrated into a single application specific integrated circuit (ASIC), 

10 allowing a potentially drastic reduction in overall receiver size and part count. 

Therefore, it is an object of the present invention to implement a demodulator digitally. 

Furthermore, prior art demodulators commonly require tuning or calibration 
during the manufacturing process, adding to the time and cost required to produce the 
products into which they are incorporated. It is a corresponding object of the invention 

15 to minimize or eliminate the tuning or calibration required during manufacture of a 
demodulator according to the present invention. 

Receivers of conventional design typically utilize an automatic gain control 
amplifier to maintain the received signal within the dynamic range of the RF circuit. 
However, such receivers are typically limited in their reaction time, and may not always 

20 adjust quickly enough to accommodate drastic signal level transitions, such as may be 
caused by a frequency hopping receiver that hops into a null. Accordingly, it is an 
object of the present invention to implement a receiver that does not require an 
automatic gain control amplifier. 
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These and other objects of the present invention will become apparent in light of 
the present specification and drawings. 
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SUMMARY OF THE INVENTION 

The invention demodulates a signal that does not convey information by its 
amplitude. A received signal is typically filtered and mixed down to an intermediate 
frequency. The modulated signal amplitude is fixed at a constant level. This can be 
5 accomplished by applying the IF signal to a limiting amplifier. The signal is then 

typically digitized by an analog-to-digital converter. A flip-flop can be utilized as a 1-bit 
analog-to-digital converter. 

The invention then determines the cross-product of the baseband signal complex 
envelope with a delayed copy of itself. The IF signal can be applied to a quadrature 

10 demodulator for mixing to baseband I and Q signals. The baseband I and Q signals are 
each applied to delay elements. In one embodiment of the cross-product multiplier, the 
I signal and the delayed Q signal are applied to a first multiplier. The Q signal and the 
delayed I signal are applied to a second multiplier. The second multiplier output is 
subtracted from the first multiplier output to generate a cross-product output. 

is To decode a digital FSK signal, the cross-product output can be applied to a data 

slicer to square-up the output signal. The data slicer may operate by applying the 
cross-product output to a lowpass filter to generate a reference level. The reference 
level and the cross-product output are then applied to the inputs of a comparator. The 
comparator output constitutes a 1-bit recovered signal. 

20 To further improve decoding of a digital signal, the data slicer output can be 

applied to a matched filter. One matched filter embodiment may include a shift register, 
which shifts in a number of data slicer bits equal to the samples per recovered data bit. 
The matched filter output then equals the most prevalent value stored in the filter taps. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 of the drawings is a block diagram of a first embodiment of the invention 
designed to receive an analog FM signal. 

Figure 2 of the drawings is a schematic block diagram of the RF front end of the 
5 first receiver embodiment. 

Figure 3 of the drawings is a block diagram of the digital downconverter section 
of the first embodiment. 

Figure 4 of the drawings is a block diagram of the demodulator section of the first 
embodiment. 

10 Figure 5 of the drawings is a block diagram of a second embodiment of the 

invention designed to receive a digital Frequency Shift Key signal. 

Figure 6 of the drawings is a block diagram of the FSK decoder section of the 
second embodiment. 

Figure 7 of the drawings is a schematic block diagram of one embodiment of the 
is FSK decoder matched filter. 
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DETAILED DESCRIPTION OF THE DRAWINGS 

While this invention is susceptible to embodiment in many different forms, there 
are shown in the drawings and will be described in detail herein several specific 
embodiments, with the understanding that the present disclosure is to be considered as 
5 an exemplification of the principle of the invention and is not intended to limit the 
invention to embodiments illustrated. 

In the embodiment of Figure 1 , an external antenna or signal source applies a 
received modulated signal to receiver front end 10 via connection 41. Front end 10 
mixes the signal to an intermediate frequency (IF) before passing the IF signal to digital 
10 downconverter 20 via connection 42. Finally, digital downconverter 20 outputs digital I 
and Q baseband signals, via connections 43 and 44 respectively, to demodulator 30. 
Demodulator 30 outputs the recovered signal via connection 45. 

A schematic block diagram of receiver front end 10 is shown in Figure 2. The 
received signal 41 is amplified by gain block 101, and filtered by bandpass preselector 
is 102. The signal in the illustrated embodiment is then mixed down to an IF of 10.7 MHz 
by mixer 103 and local oscillator 1 04. The IF signal is filtered again by channel filter 
105. The particular design of front end 10 through channel filter 105 is typical of many 
superheterodyne receivers. Furthermore, circuit elements within receiver front end 10 
can be changed or eliminated, as is known in the art, depending upon the particular 
20 specifications to which the receiver is designed. 

The signal at the output of channel filter 105 is applied to limiting amplifier 106. 
Limiting amplifier 106 typically has a large amount of gain. The purpose of limiting 
amplifier 106 is to limit the output swings at connection 42 between a maximum level 


6 


CA 02292463 1999-12-17 


and a minimum level independent of the input signal level, such that the input signal 
frequency information is preserved, but such that the output amplitude is always clipped 
to a constant value. Optional filter 107 is shown included following limiting amplifier 106 
to eliminate unwanted harmonics. 
5 Figure 3 depicts digital downconverter 20. The limited IF signal is digitized by 

analog-to-digital converter ("ADC") 200. In the illustrated embodiment, a D flip-flop is 
used as ADC 200, undersampling at a rate of 9.216 MSPS ("megasamples per 
second"). The D flip-flop acts as a 1-bit ADC. Use of the flip-flop provides for an 
inexpensive ADC solution, and simplifies the implementation of the subsequent digital 

io circuitry by simplifying implementation of the quadrature demodulator multipliers. 
However, if increased receiver performance is required, a conventional multi-bit ADC 
can be utilized. While an embodiment utilizing a multi-bit ADC would require slightly 
more complexity in its implementation, such an embodiment is functionally identical to 
that depicted in the drawings, and its implementation would be known to one of ordinary 

15 skill in the art given the disclosure contained herein. 

The digitized signal is applied to the quadrature demodulator, comprised of 
multipliers 201 and 202, and oscillators 203 and 204. As is typical of a quadrature 
demodulator, the signal generated by oscillator 203 is equal to cos(2-n-f 1 -t), while the 
signal generated by oscillator 204 is equal to sin(2 n f 1 t). Frequency fi is chosen such 

20 that the desired signal is mixed to baseband. Accordingly, in the illustrated embodiment 
fi is chosen to be 1.484 MHz. Because of the 1-bit input signal generated by virtue of 
the use of a D flip-flop, the signals generated by oscillators 203 and 204 are multiplied 
by either +1 or -1 , thereby requiring only a sign change depending upon the sampled 
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value. If ADC 200 comprised a multi-bit ADC, the design would require multipliers 201 
and 202 to be more complex, true arithmetic multipliers. 

The output of mixers 201 and 202 includes the baseband I and Q signals, each 
having additional higher frequency terms. The signals are therefore filtered by lowpass 
5 filters 205 and 206 respectively, to eliminate some of the undesired higher frequency 
signal components. 

In order to simplify the remaining digital circuitry, the filtered I and Q signals are 
decimated. The signals pass through 10:1 decimators 207 and 208, thereby reducing 
the signal data rate from 9.21 6 MSPS to 921 .6 kSPS. By decimating the I and Q 
10 signals, the subsequent lowpass filters 209 and 210 can provide improved attenuation 
of undesired frequency content while utilizing a filter that is simpler and more 
economical to implement than that which would be required if operating on the 
undecimated signal. Outputs 43 and 44 contain the final baseband I and Q signals, 
respectively. 

15 The signals on lines 43 and 44 then pass to demodulator 30, shown in Fig. 4. 

The complex envelope of the baseband signal is treated as a time series of sampled 
phasors, which are in fact vectors on the real and imaginary (or I and Q) axes. 
Accordingly, as the frequency deviation from the carrier of the transmitted signal 
increases, the frequency magnitude in the baseband signal increases, and in turn, the 

20 magnitude of the phase angle increases between two sampled phasors separated by a 
given time. Therefore, the phase angle between samples of the complex envelope is 
related to the original modulating signal. The direction of phasor rotation reflects the 
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sign of the original modulating signal, or rather, the deviation of the modulated signal 
above or below the carrier. 

Demodulator 30 is implemented using the principle that the cross product of two 
vectors is equal to the product of their magnitudes and the sine of the angle between 
5 them. Therefore, demodulator 30 determines the cross product of consecutive phasors. 
Because the signal was previously limited to a constant amplitude by limiting amplifier 
105, the product of the phasor magnitudes becomes a constant. Therefore, the result of 
the cross-product is proportional to the sine of the angle between consecutive phasors. 
One could then recover the original modulating signal by taking the output of an arcsine 

m calculation on the scaled output of the cross-product, thereby resulting in the phase 
angle between the phasors, which is directly proportional to the original modulating 
signal. However, due to the periodic nature of the arcsine function, to ensure a single 
determinable result the system must be designed to satisfy the constraint that the 
magnitude of the phase angle between samples always remains below pi. 

15 However, a well-known small angle approximation states that for small angles, 

the sine of an angle can be approximated to be equal to the angle itself. In the 
preferred embodiment, the data rate of the cross-product input, 921.6 kSPS, is high 
enough that the maximum possible phase angle between consecutive samples of the 
baseband signal, which spans the range ±24 kHz, is within the range of accuracy for the 

20 small angle approximation. The invention implementation is consequently simplified 
because the arcsine calculation is not required. The cross-product output is 
approximately directly proportional to the angle between adjacent phasors, which is 
proportional to the original modulating signal. The minimum data rate required for this 
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approximation (and hence the maximum allowable phase angle between adjacent 
phasors) will depend upon the maximum signal frequency deviation of the modulated 
signal, and the demodulated signal amplitude accuracy required for the application. 
Oftentimes greater accuracy will be desired for demodulation of analog FM signals for 
which the precise frequency deviation constitutes the desired recovered waveform, 
while a binary FSK receiver may be more interested only in the direction of phasor 
rotation, rather than an accurate measurement of the actual phasor angle. For many 
applications, good performance can be obtained by keeping the maximum angle 
between adjacent phasors below ±.1 1 pi, which will ensure approximately 2% or less 
error due to the use of the small angle approximation. Differing system specifications 
may allow more or less maximum angle between adjacent phasors. 

Figure 4 illustrates one embodiment of demodulator 30. The embodiment of 
Figure 4 implements a process derived by applying trigonometric identities to the cross- 
product equation for a complex signal to arrive at the implemented calculation: 
C n xC n -i = In'Qn-i - Qn-Li. The inputs to multiplier 302 consist of the I signal on line 43, 
and the output of Q signal delay element 301 . The inputs to multiplier 303 consist of the 
Q signal on line 44, and the output of I signal delay element 300. In the preferred 
embodiment, delay elements 300 and 301 each provide one sample of delay. The 
output of multiplier 303 is inverted by inverter 304, and then added to the output of 
multiplier 302 by adder 305. The output of adder 305 at line 45 is the recovered 
modulating signal. 

When the invention is utilized to implement a digital FSK receiver, it may be 
desirable to add additional circuitry to decode the signal with improved performance. 
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Figure 5 depicts an embodiment for receiving digital signals. The demodulator output 
on line 45 is passed to FSK decoder 50. 

Figure 6 illustrates an embodiment of FSK decoder 50. Demodulator output 45 is 
applied to a data slicer, which converts the demodulator output into a squared-up 1-bit 
5 data signal. The demodulator output is applied to lowpass filter 500 to determine the 
data slicer reference level, which is typically an average demodulator output level. The 
reference level and the demodulator output are then applied to comparator 501, such 
that the comparator 501 output is one of two values, depending upon whether the 
demodulator output is above or below the reference level for any given sample. While 

10 Figure 6 illustrates a preferred embodiment of a data slicer, it is envisioned that other 
data slicing techniques known in the art could be used instead. 

The output of comparator 501 is applied to matched filter 502 via connection 46 
to further improve the error resistance of FSK decoder 50. Figure 7 demonstrates one 
embodiment of matched filter 502. Matched filter 502 takes advantage of the fact that 

1 5 the data rate of the recovered signal coming out of demodulator 30 is much greater than 
the bit rate of the data that is ultimately to be recovered. In the illustrated embodiment, 
the data rate of the transmitted signal is 48 kbps ("kilobits per second"). However, the 
rate of the signal at the output of demodulator 30 is 921 .6 kSPS. Therefore, each bit of 
recovered data spans 19 samples at the demodulator output. Accordingly, matched 

20 filter 502 includes a 19-bit shift register 503, which is clocked by a 19X (921.6 kHz) 
clock signal on line 48. The shift register contents are then summed by adder 504. The 
running total of the shift register contents is compared to a constant value 9, block 505, 
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by comparator 506. The output of comparator 506 therefore indicates whether the most 
prevalent bit value in the shift register is 1 or 0. 

The output of comparator 506 is applied to D flip-flop 508. Clock recovery circuit 
507 utilizes the output of comparator 506 to derive a synchronized 1X (48 kHz) clock 
5 signal, which is then used to clock D flip-flop 508. The design of clock recovery circuit 
507 is known in the art of digital receivers, and therefore has not been illustrated. D flip- 
flop 508 outputs the most prevalent value in shift register 503 on line 47 at the end of 
each data bit period, when all samples of the data bit have been loaded into the shift 
register. 

10 The foregoing description and drawings merely explain and illustrate the invention 

and the invention is not limited thereto except insofar as the appended claims are so 
limited, inasmuch as those skilled in the art, having the present disclosure before them will 
be able to make modifications and variations therein without departing from the scope of 
the invention. It is envisioned that the circuits described herein could be implemented via 

is numerous possible combinations of discrete digital hardware, custom and configurable 
integrated circuits, and software programmable devices by one of ordinary skill in the art 
without departing from the scope of the invention. 
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I claim: 

1 . A method for demodulating a frequency-modulated signal, which method 
comprises the following steps: 

• generating a first signal by fixing the modulated signal amplitude at a 
predetermined level; 

• generating a second signal by delaying the first signal; 

• generating an output signal by determining the cross product of the fixed- 
amplitude signal and the second signal; 

whereby the output signal is representative of the demodulated signal. 

2. The method of claim 1 , in which the second signal is delayed by a length of time 
such that the phase angle between the first and second signals is less than .2 pi, 
whereby the step of determining the cross product can be performed using a small- 
angle approximation. 


3. The method of claim 1 , in which the step of fixing the signal amplitude is 
performed by applying the signal to a limiting amplifier. 

4. The method of claim 3, in which the step of generating the first signal comprises 
the following substeps: 

• applying the signal to a limiting amplifier; 

• digitizing the output of the limiting amplifier; 
whereby subsequent steps are performed in the digital signal domain. 
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5. The method of claim 4, in which the substep of digitizing the output of the limiting 
amplifier is performed by applying the output of the limiting amplifier to a flip-flop, 
whereby the flip-flop acts as a 1-bit analog-to-digital converter. 


6. The method of claim 1 , further comprising the step of squaring up the 
demodulated output signal by applying the output signal to a data slicer. 


7. The method of claim 6, in which the step of squaring up the demodulated output 
signal comprises the following substeps: 

• generating a reference level signal by lowpass filtering the cross-product 
output; 

• applying the output signal and the reference level signal to the inputs of a 
comparator; 

whereby the comparator output consists of the squared up demodulated signal. 

8. The method of claim 6, further comprising the step of applying the data slicer 
output to a matched filter to reduce the likelihood of errors in the demodulated signal. 

9. The method of claim 8, in which the number of taps in the matched filter is equal 
to the ratio between the data rate of the data slicer output and the bit rate of the 
demodulated signal. 
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10. A method for demodulating a frequency modulated signal, which method 
comprises the following steps: 

• amplifying the modulated signal using a limiting amplifier; 

• digitizing the limited signal using an analog-to-digital converter; 

• applying the digitized limited signal to a quadrature demodulator to create 
a first I signal and a first Q signal; 

• creating a second I signal by delaying the first I signal; 

• creating a second Q signal by delaying the first Q signal; 

• generating a first product by multiplying the first I signal by the second Q 
signal; 

• generating a second product by multiplying the first Q signal the second I 
signal; 

• subtracting the second product from the first product to generate the 
demodulated signal. 

1 1 . The method of claim 10, in which the step of digitizing the limited signal is 
performed by applying the limited signal to a flip-flop, which acts as a 1-bit analog-to- 
digital converter. 

12. The method of claim 10, in which the second I signal and the second Q signal 
are each delayed by one sample. 

1 3. The method of claim 10, further comprising the step of squaring up the 
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demodulated signal by applying the demodulated signal to a data slicer. 

14. The method of claim 1 3, in which the step of squaring up the demodulated signal 
is comprised of the following substeps: 

• generating a reference level signal by lowpass filtering the demodulated 
signal; 

• comparing the demodulated signal with the reference level signal to 
generate a squared up output signal. 

15. The method of claim 13, further comprising the step of applying the data slicer 
output to a matched filter to reduce the likelihood of errors in the apparatus output. 

16. The method of claim 15, in which the number of taps in the matched filter is equal 
to the ratio between the data rate of the data slicer output and the bit rate of the 
demodulated signal. 

17. An apparatus for demodulating a frequency modulated signal, the apparatus 
comprising at least: 

• a limiting amplifier, which amplifier's input receives the frequency 
modulated signal; 

• an analog-to-digital converter, which converter operationally receives the 
limiting amplifier output signal and generates a digitized frequency 
modulated signal; 
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• a cross-product multiplier which receives the digitized frequency 
modulated signal and outputs the cross-product of the digitized frequency 

10 modulated signal with a delayed copy of the digitized frequency modulated 

signal to generate a demodulated output signal. 

18. The apparatus of claim 17, in which the analog-to-digital converter is a flip-flop 
generating a 1-bit digital output. 

19. The apparatus of claim 17, in which the cross-product multiplier is comprised of: 

• a quadrature demodulator with an input connected to the analog-to-digital 
converter output, which quadrature demodulator generates a baseband I 
output and a baseband Q output; 

5 • a first delay element, which element receives the I output of the 

quadrature demodulator; 

• a second delay element, which element receives the Q output of the 
quadrature demodulator; 

• a first multiplier, which multiplier has as its inputs the I output of the 
10 quadrature demodulator and the output of the second delay element; 

• a second multiplier, which multiplier has as its inputs the Q output of the 
quadrature demodulator and the output of the first delay element; 

• an inverter which receives the output of the second multiplier; 

• an adder, which adder has as its inputs the output of the first multiplier and 
1 5 the output of the inverter; 
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whereby the adder output is the demodulated signal. 

20. The apparatus of claim 17, which apparatus is further comprised of a data slicer 
with input operably connected to the cross-product multiplier output. 

21 . The apparatus of claim 20, in which the data slicer is comprised of: 

• a lowpass filter, which filter receives the data slicer input; 

• a comparator with inputs of the data slicer input, and the lowpass filter 
output; 

whereby the comparator outputs the squared up demodulated signal. 

22. The apparatus of claim 20, the apparatus further including a matched filter with 
input operably connected to the data slicer output, which matched filter provides for 
correction of errors in the data slicer output. 
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